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(54) Fitting methodology and hearing prosthesis based on signal-to-noise ratio loss data 

(57) An individual with a hearing loss often experi- 
ences at least two distinct problems: 1) the hearing loss 
itself I.e. an increase in hearing threshold level, and 2) 
a signal-to-nolse ratio loss (SNR loss) i.e. a loss of ability 
to understand high level speech in noise as compared 
to normal hearing individuals. According to one aspect 
of the present invention, this problem is solved by se- 
lecting parameter values of a noise reduction algorithm 
or algorithms based on the individual user's SNR loss. 
Thereby, a degree of restoration/improvement of the 
SNR of noise-contaminated input signals of the hearing 
prosthesis has been made dependent on user specific 
loss data. According to another aspect of the present 
invention, a hearing prosthesis capable of controlling 
parameters of a noise reduction algorithms in depend- 
ence on the user's current listening environment as rec- 
ognized and Indicated by the environmental classifier 
has been provided. 
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Description 

[0001] The present invention relates to a method of 
fitting a hearing prosthesis to requirements of a hearing 
impaired individual based upon estimated, or meas- 
ured, loss data that characterize the hearing impaired 
individual's signal-to-noise ratio loss. Another aspect of 
the Invention relates to a hearing prosthesis which com- 
prises an environmental classifier adapted to recognize 
different listening environments and control a noise re- 
duction amount in the hearing prosthesis in response to 
the hearing impaired individual's current listening envi- 
ronment. 

[0002] Mead C. Killlon and Patricia A. Nlquette: "What 
can the pure-tone audiogram tell us about a patient's 
SNR loss?", The Hearing Journal 53-3, March 2000 dis- 
closes various studies revealing that the amount of sig- 
nal-to-noise ratio loss (SNR loss) for a patient with a 
sensorineural hearing impalmientcan not be accurately 
predicted from the audiogram. The audiogram meas- 
ures (audiometrfc) hearing loss, the loss of sensitivity 
for sounds. IHearing loss can be appropriately restored 
by amplification of the Incoming sounds. For most hear- 
ing impaired patients, the performance in speech-in- 
noise intelligibility tests is worse than for normal hearing 
people, even if the audibility of the incoming sounds is 
restored by amplification. The term SNR loss is defined 
as the average increase in signal-to-noise ratio (SNR) 
needed for a hearing impaired patient relative to a nor- 
mal hearing person in order to achieve similar perform- 
ance (50% word recognition) on a hearing in noise test, 
at levels above the hearing threshold. Killlon found that 
SNR loss is relatively independent from hearing loss for 
most sensorineaural hearing Impaired patients. Conse- 
quently, in order to detennlne the SNR loss for a specific 
patient, one needs to measure it, rather than make a 
guess based on the hearing loss (audiogram). 
[0003] Thus, hearing impaired individuals or patients 
often experience at least two distinct problems; a hear- 
ing loss, which is an increase In hearing threshold level, 
and SNR loss, which is a loss of ability to understand 
high level speech In noise in comparison with normal 
hearing individuals. 

[0004] SNR loss is traditionally estimated by measur- 
ing a speech reception threshold (SRT) of the hearing 
impaired individual. An individual's SRT is the signal-to- 
noise ratio required in a presented signal to achieve 50 
% correct word recognition in a hearing in noise test. 
[0005] Hearing loss is typically caused by a loss of 
outer hair cells and conductive loss in the middle ear, 
while SNR loss is typically caused by a loss of inner hair 
cells. On average, a hearing loss of 30 to 70 dB is ac- 
companied by a 4-7 dB SNR loss, cf. QuickSINf" 
Speech In Noise Test available from Etymotic Research. 
However, accurate estimates of the SNR loss for a given 
hearing impaired individual can only be obtained by spe- 
cific testing since the increase in hearing threshold level, 
which is measured by traditional pure-tone audiograms, 



and SNR loss appear to be independent characteristics. 
[0006] Today's digital hearing aids that use multi- 
channel amplification and compression signal process- 
ing can readily restore audibility of amplified sound for 
5 a hearing impaired individual or patient. The patient's 
hearing ability can thus be Improved by making previ- 
ously inaudible speech cues audible. Loss of capability 
to understand speech in noise due to the above-men- 
tioned SNR loss is accordingly the most significant prob- 
10 lem of most hearing aid users today. 

[0007] Compensating for the patient specific SNR 
loss has, however, proven far more difficult. While some 
single observation processing algorithms are able to im- 
prove an objective signal-to-noise ratio (SNR) of a 
15 noise-contaminated input signal, such as a microphone 
signal, a difficulty lies in the fact that filtering, i.e. atten- 
uating or removing, noise components from the input 
signal introduces various artefacts into the desired sig- 
nal (typical speech). These artefacts generally lead to a 
loss of speech cues and the single observation process- 
ing algorithms therefore fall to Improve the patient's 
hearing ability in noisy listening environments. The most 
successful technique to improve the SNR of noise-con- 
taminated speech signals has been to utilize a multi-ob- 
servation system, such as a microphone array, which 
may contain from 2 to 5 individual microphones. An ar- 
ray microphone system exploits spatial differences be- 
tween a desired, or target, signal and Interfering noise 
sources. Unfortunately, many of these microphone ar- 
ray systems are not practical for hearing aid applications 
because of their accompanying requirements to surface 
area on a housing of the hearing prostheses. Cost and 
reliability issues are other factors that tend to make mi- 
crophone arrays less attractive for many hearing aid ap- 
plications. 

[0008] Even though an ultimate goal of noise reduc- 
tion systems and algorithms in hearing aids should be 
to Improve the user's ability to hear in noise by compen- 
sating for the user's SNR loss, improving the patient's 
listening comfort through noise reduction is also a worth- 
while achievement. In this latter situation, listening may 
be less tiring forthe user and as such indirectly improves 
long-term intelligibility of noise contaminated speech 
signals. 

[0009] As mentioned above, there exist a number of 
single observation and multiple observation algorithms 
and systems to reduce interfering noise from a target 
signal, e.g. speech. Since each of these algorithms and 
systems is associated with certain costs, there is a need 
for defining a strategy for selecting and applying these 
different noise reduction algorithms both during a fitting 
procedure and during normal operation of the hearing 
prosthesis. According to one aspect of the present in- 
vention, this problem is solved by selecting parameter 
values of a noise reduction algorithm or algorithms 
based on the patient's measured or estimated SNR loss. 
Thereby, a degree of restoration/improvement of the 
SNR of noise-contaminated Input signals of the hearing 
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prosthesis has been made dependent on patient specif- 
ic loss data. According to another aspect of the present 
invention, a hearing prosthesis capable of controlling 
parameters of a noise reduction algorithms in depend- 
ence on the user's current acoustic subspace, or listen- 
ing environment, as recognized and indicated by the en- 
vironmental classifier has been provided. 
[001 0] A first aspect of the invention relates to a meth- 
od of fitting a hearing prosthesis to a hearing impaired 
individual, the method comprising steps of: 

providing estimated or measured loss data that rep- 
resent the hearing impaired Individual's signal-to- 
noise ratio loss in a fitting system, 

providing a data communication link between the 
hearing prosthesis and the fitting system, 

determining parameter values of a noise reduction 
algorithm of the hearing prosthesis based on the 
loss data to set a noise reduction amount of an input 
signal of the hearing prosthesis, 

storing the parameter values within a persistent da- 
ta space in the hearing prosthesis. 

[0011] According to the invention, the noise reduction 
amount, or restoration of the SNR, in an Input signal of 
the hearing prosthesis is dependent on specific, esti- 
mated or measured, loss data of the hearing impaired 
individual or patient. The SNR loss of the patient may 
be fully or partly compensated, or even overcompensat- 
ed, so that a determined 5 dB SNR loss may be accom- 
panied by selected parameter values of the noise reduc- 
tion algorithm which provide e.g. between 2 and 8 dB of 
noise reduction, or SNR improvement. Accordingly, a 
target noise reduction amount may be selected so as to 
substantially restore the hearing impaired individual's 
hearing ability to that of a normal hearing individual in a 
standardized hearing in noise test. By selecting param- 
eter values of the noise reduction algorithm which pro- 
vide a noise reduction amount larger than the estimated 
SNR loss of the patient, it may even be feasible to im- 
prove the patient's' hearing ability relative to that of a 
normal hearing individual. A fitting program may auto- 
matically select the noise reduction amount through an 
appropriate selection of the parameter values of the 
noise reduction algorithm based on the loss data. Alter- 
natively, a dispenser may manually or semi-automati- 
cal ly select the desired noise reduction amount from 
presented patient specific loss data. 
[0012] In the present specification and claims the 
"SNR loss" of a hearing impaired Individual means a re- 
quired increase in SNR of a presented signal for the 
hearing impaired individual relative to a normal hearing 
person in order to achieve substantially similar hearing 
performance in a standardized hearing in noise test. As 
an example, the standardized test may measure 50% 



correct word recognition on a hearing in noise test at 
signal levels above the hearing threshold. The SNR loss 
may conveniently be expressed in dB. 
[001 3] The SNR loss of the patient may be estimated 

s by measuring the patient's SRT. The measurement of 
the patient specific SNR loss may conveniently be im- 
plemented as an auxiliary measurement module, or 
measurement option, in a hearing aid fitting system. Al- 
ternatively, the SNR loss of the patient may be derived 

10 from hearing threshold level data through an appropri- 
ate prescriptive procedure. The determination of the pa- 
rameter values of the noise reduction algorithm of the 
hearing prosthesis may be provided as described in de- 
tail in the embodiment of the invention disclosed with 

IS reference to the figures. As a simple example. It may 
have been detemiined through an appropriate proce- 
dure that a particular patient suffers from 3 dB SN R loss. 
This patient could be fitted with a hearing prosthesis that 
contains a noise reduction algorithm or agent based on 

20 beam fomriing of signals from a microphone array. In or- 
der to substantially fuliy restore the hearing ability of this 
patient in noisy acoustic conditions, parameters values 
of the beam forming algorithm may be selected to pro- 
vide a beam formed, or directional, microphone signal 

25 with a noise reduction amount of 3 dB, i.e. a SNR im- 
provement of 3 dB, under specified acoustic conditions, 
e.g. diffuse field conditions. This noise reduction amount 
can be achieved by setting appropriate parameter val- 
ues of the beam-forming algorithm or beam forming sys- 

30 tem so that a desired directional pattern of the direction- 
al microphone signal is obtained. 
[0014] The noise reduction algorithm may comprise 
several different noise reduction algorithms and the tar- 
get noise reduction amount can in that situation be 

35 achieved by distributing the target noise reduction 
amount between the different noise reduction algo- 
rithms in a suitable manner. According to a pretended 
embodiment of the invention, the noise reduction algo- 
rithm comprises a noise reduction algorithm based on 

^0 beam forming, i.e. spatial filtering, in combination with 
a single observation based noise reduction algorithm 
and respective parameter values. 
[0015] The data communication link between the 
hearing prosthesis and the fitting system may comprise 

"^5 a wireless or wired data interface. A wired or wireless 
serial bi-directional data interface Is preferably used. 
The data communication link may comprise an industry- 
standard programming box such as the Hi-Pro device. 
[001 6] The persistent data space of the hearing pros- 

50 thesis may be placed in an EEPROM or Flash memory 
device or any other suitable memory device or combi- 
nation of memory devices capable of retaining stored 
data during periods where a nomiat voltage supply of 
the hearing prosthesis is interrupted. 

55 [0017] A second aspect of the Invention relates to a 
hearing prosthesis fitting system adapted to perform a 
fitting methodology as described above. The fitting sys- 
tem may comprise a host computer such as Personal 
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Computer controlled by suitable fitting program and an 
Industry-standard progrannnning box. The programming 
box may also serve as a galvanic isolation between the 
host computer and the hearing prosthesis Itself. A hand- 
held computing device such as a suitably programmed 
Personal Digital Assistant may alternatively constitute 
or form part of the fitting system. 
[001 8] A third aspect of the invention relates to a hear- 
ing prosthesis for a hearing impaired individual, com- 
prising an input signal channel providing a digital input 
signal, 

an environmental classifier that is adapted to analyse 
the digital input signal for predetennined signal features 
to Indicate respective recognition probabilities for differ- 
ent listening environments, 
a processor that is adapted to 

process the digital input signal In accordance with one 
or several noise reduction algorithms and associated al- 
gorithm parameters to generate a noise reduced digital 
signal, 

control a noise reduction amount of the noise reduced 
digital signal based on the recognition probabilities in- 
dicated by the environmental classifier; 
wherein the parameter set of the environmental classi- 
fier has been selected to be substantially identical to a 
training-phase parameter set determined during a train- 
ing phase of an environmental classifier of the same 
type. 

[0019] The training phase comprises applying a col- 
lection of predetermined sound segments, representa- 
tive of the different listening environments, to an envi- 
ronmental classifier of the same type as that of the hear- 
ing prosthesis and to noise reduction algorithms of the 
same type or types as that/those of the hearing prosthe- 
sis to produce a collection of noise-reduced predeter- 
mined sound segments; The training phase further com- 
prises adapting parameter values of the training-phase 
environmental classifier in a manner that minimizes a 
perceptual cost function associated with the collection 
of noise-reduced predetermined sound segments to 
produce the training-phase parameter set . 
[0020] A hearing prosthesis according to the present 
invention may be embodied as a BTE, ITE, ITC, and CIC 
type of hearing aid or as a cochlear implant type of hear- 
ing loss compensation device. The hearing prosthesis 
preferably comprises one or two microphones with re- 
spective preamplifiers and analogue-to-digital convert- 
ers to provide one or two digital input signals represent- 
ative of the microphone signal or signals. 
[0021 ] The environmental classifier analyses the dig- 
ital input signal or signals, or a signal derived from this 
or these, such as a directional signal, for predetermined 
signal features to determine respective probabilities, or 
classification results, for the different listening environ- 
ments. The predetennined signal features may be tem- 
poral features, spectral features or any combination of 
these. A listening environment may be constituted by 
one of the following types of signals or any combination 



of these: clean speech, speech mixed with babble noise, 
speech and any type of noise at a specific SNR. music, 
traffic noise, cafeteria noise, interior car noise, etc. 
[0022] The environmental classifier may form part of 

s the processor or may be embodied as an application 
specific circuit communicating with the processor In ac- 
cordance with a predetennined protocol. In a preferred 
embodiment of the invention, the environmental classi- 
fier comprises an executable set of program instructions 

10 for a proprietary Digital Signal Processor (DSP). The 
processor may accordingly comprise a programmable 
processor such as a DSP or a microprocessor or a com- 
bination of these. 

[0023] According to the present invention, the envi- 

15 ronmental classifier of the hearing prosthesis is not ex- 
plicitly trained to detect and categorize various prede- 
termined listening environments, or acoustic sub-spac- 
es, as well as possible but adapted to minimize the per- 
ceptual cost of applying the noise reduction algorithnris 

20 to the digital input signal. 

[0024] This is achieved because the parameter set of 
the environmental classifier has been selected to be 
substantially identical to the training-phase parameter 
set detennined during the training phase of the environ- 

25 mental classifier of the same type. The purpose of the 
training phase is to determine that particular parameter 
set for the training-phase environmental classifier that 
minimizes the perceptually based cosf function on the 
collection predetennined sound segments, i.e. sound 

30 segments that are relevant because they are represent- 
ative of listening situations or environments which are 
common and important in tlie hearing impaired user's 
daily life. 

[0025] The categorization of the user's various daily 

35 listening environments, which can be derived from the 
indicated probabilities of the environmental classifier in 
the hearing prosthesis during its use, can be interpreted 
as a by-product of the adaptation of the training-phase 
environmental classifier. 

40 [0026] The training phase may further have com- 
prised adapting the parameter values of the training- 
phase environmental classifier so as to obtain a target 
signal-to-noise ratio improvement to the collection of 
noise-reduced predetermined sound segments. There- 

^5 by, a corresponding noise reduction amount Is applied 
to the digital input signal of the hearing prosthesis 
through due to a coupling between the training-phase 
parameter set of the training phase environmental clas- 
sifier and the on-line parameter set utilized by the envi- 

50 ronmental classifier of the hearing prosthesis. 

[0027] A plurality of environmental classifiers, or sep- 
arate parameter sets of a single environmental classifi- 
er, may be trained to provide respective target noise re- 
duction amounts to the collection of predetermined 

55 sound segments during the training phase. Thereby, 
characteristics of each environmental classifier, or of 
each parameter set, may be tailored to a particular 
group of hearing impaired individuals with a common 
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prescriptive requirement due to their SNR loss or range 
of SNR losses. 

[0028] The plurality of environmental classifiers, or 
parameter sets, is preferably trained to provide a range 
of target noise reduction amounts distributed between 
1 and 10 dB. e.g. in steps of 1 or 2 dB, to the collection 
of predetenmined sound segments. The persistent data 
space of the hearing prosthesis may store all or at least 
some parameter sets for the environmental classifier 
that are identical to these training-phase parameter 
sets. A suitable active parameter set in the hearing pros- 
thesis can thereafter automatically, or manually, be se- 
lected during the fitting procedure in accordance with 
estimated or measured loss data that represent the 
hearing impaired individual's signal-to-noise ratio loss. 
[0029] An attractive feature of the present aspect of 
the invention is that the entire acoustic space in which 
the hearing prosthesis is intended to function can be di- 
vided into a collection of differing listening environ- 
ments. Each of these listening environments may be as- 
sociated with an, in some sense, optimal noise reduction 
algorithm. The optimal noise reduction algorithm is se- 
lectively applied to the digital input signal! n accordance 
with the recognition probabilities indicated by the envi- 
ronmental classifier. An advantage of this approach is 
that a designer/programmer of a particular noise reduc- 
tion algorithm may tailor characteristics of that noise re- 
duction algorithm to a prion known signal or noise fea- 
tures that are characteristic for a particular target listen- 
ing environment. 

[0030] This approach to noise reduction accordingly 
operates by a divide-and-conquer approach to noise re- 
duction. For some of the different listening environ- 
ments, such as clean speech or speech with a high 
SNR, the optimum solution for noise reduction may be 
to completely turn off the noise reduction algorithm or 
algorithms, i.e. setting the noise reduction amount to ze- 
ro, to avoid potential artefacts and reduce computational 
load on the processor. 

[0031] Accordingly, each noise reduction algorithm 
may be associated with a particular predetennined lis- 
tening environment or associated with a set of predeter- 
mined listening environments in case that the noise re- 
duction algorithm in question has been found useful for 
several different environments. Noise reduction algo- 
rithms based on various techniques such as beam form- 
ing, spectral subtraction, low-level expansion, speech 
enhancement may be usefully applied In the present In- 
vention. 

[0032] The amount of noise reduction may be control- 
led by regulating parameters values of a noise reduction 
algorithm or respective parameter values of several 
noise reduction algorithms. Alternatively, or additionally, 
the amount of noise reduction may be obtained by reg- 
ulating respective scaling factors of a gating network 
connected between each noise reduction algorithm and 
a summing node that combines processed signal con- 
tributions from all operative noise reduction algorithms. 



The noise reduction amount provided by the noise re- 
duction algorithm or algorithms has preferably been set 
in dependence on estimated or measured loss data that 
characterize a user's SNR loss. Therefore, the SNR loss 
5 of the user or patient may be fully or partly compensated, 
or even overcompensated. Preferably, the noise reduc- 
tion amount Is set so as to substantially compensate the 
user's signal-to-noise ratio loss. Thereby, restoring the 
user's hearing capability and allowing the user to per- 
10 form comparable to an average normal hearing Individ- 
ual in a standardized hearing in noise test. 
[0033] The noise reduction algorithm or the plurality 
of noise reduction algorithms may comprise a cascade 
of a spatial filtering based algorithm and a single obser- 
is vation based noise reduction algorithm. The spatial fil- 
tering may comprise a fixed or adaptive beam-forming 
algorithm applied to a set of microphone signals provid- 
ed by two closely spaced omni-directional microphones 
mounted on a housing of the hearing prosthesis. 
20 [0034] The noise reduction amount provided in the 
hearing prosthesis Is preferably programmable and con- 
trollable from a fitting system. The fitting system may be 
adapted to allow an operator to adjust the parameters 
of the environmental classifier or select a particular en- 
25 vironmental classifier from a set of environmental clas- 
sifiers. Since the noise reduction amount is based on 
the indicated recognition probabilities of the classifier, 
adjusting the parameters of the environmental classifier 
or changing between different environmental classifiers, 
30 also adjusts the amount of noise reduction applied to 
the digital input signal. 

[0035] A fourth aspect of the Invention relates to a 
method of fitting a hearing prosthesis to a hearing Im- 
paired individual, the method comprising steps of: 

35 

providing a data communication link between the 
hearing prosthesis and a fitting system, 

providing estimated or measured loss data that rep- 
40 resent the hearing impaired individual's signal-to- 
noise ratio loss in the fitting system, 

providing an environmental classifier and a number 
of different parameter sets for the environmental 
45 Classifier; the different parameter sets being select- 
ed to produce different noise reduction amounts in 
the hearing prosthesis, 

selecting a parameter set for the environmental 
50 classifier based on the loss data, storing the select- 
ed parameter set and optionally also the environ- 
mental classifier within a persistent data space in 
the hearing prosthesis. 

55 [0036] The different parameter sets for the environ- 
mental classifier may be substituted by a set of different 
environmental classifiers each being adapted to pro- 
duce a target noise reduction amount. 
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[0037] The different parameter sets for the environ- 
mental classifier, or the set of different environmental 
classifiers, may be provided on a storage media of a 
hearing aid fitting system adapted to provide the present 
fitting methodology. When the desired environmental 
classifier, or the desired parameter set, has been iden- 
tified in the fitting procedure, it is transmitted to the per- 
sistent data space of the hearing prosthesis through the 
data communication link. The environmental classifier 
may, alternatively, have been preloaded into the persist- 
ent data space of the hearing prosthesis during the man- 
ufacturing. In that situation only the selected parameter 
set need to be transmitted to the hearing prosthesis and 
stored within the persistent data space In connection 
with the fitting procedure. In yet another alternative, the 
set of different environmental classifiers, or the different 
parameter sets, has been preloaded in the persistent 
data space during manufacturing of the hearing pros- 
thesis. Thereby, selecting the desired environmental 
classifier, orthe desired parameter set, merely amounts 
to indicating e.g. through a data pointer the desired clas- 
sifier or desired parameter set of the classifier In the per- 
sistent data space. 

[0038] Preferably, at least some of the different pa- 
rameter sets for the environmental classifier have been 
obtained in a training phase of an environmental classi- 
fier of the same type as the environmental classifier pro- 
vided In the hearing prosthesis. The preferred training 
procedure Is described In detail below with reference to 
the figures. 

[0039] In the following, specific embodiments of a 
hearing aid fitting system and DSP based hearing aid 
according to the invention are described and discussed 
in greater detail. 

Fig. 1 Is a simplified block diagram illustrating a 
number of noise reduction agents operating within 
a hearing aid In accordance with the present Inven- 
tion, 

Fig. 2 illustrates a network configuration with three 
example noise reduction agents. 

[0040] According to the present embodiment of the In- 
vention, a noise reduction system comprising a network 
of different signal processing algorithms or agents is 
provided In a DSP based hearing aid. The various 
agents are adapted to reduce the unwanted signals 
(noise, revertseration, feedback) in the system. These 
noise-reduction agents are collectively called noise re- 
duction agents In the present preferred embodiment of 
the invention. In general, signal processing agents In 
hearing aids need not to be limited to noise reduction 
and the disclosure presented here applies to a more 
general signal processing framework as well. 
[0041] An example is depicted in Figure 1 , where we 
have a network that comprises a beam former agent 5, 
a car noise suppression agent 1 0, speech enhancement 



agent 15 and music enhancement agent 20. The beam 
former agent 5 comprises a closely spaced pair of omni- 
directional microphones 1 , 2 and respective input signal 
channels (not shown) with analogue-to-digital convert- 

5 ers. The beam former agent 5 also comprises means 
that applies digital processing operations to a pair of mi- 
crophone signals derived from the omnl-directional mi- 
crophone pair 1 , 2 to fomri a directional, or spatially fil- 
tered, digital signal with adjustable spatial reception 

10 characteristics. 

[0042] The best system perfomnance of the present 
hearing aid in terms of intelligibility and comfort is not 
obtained when all signal processing agents 5, 10, 15 
and 20 are operative at full force at all times. The music 

IS enhancement agent 20 is preferably only active when 
music segments are applied to the microphones 1 , 2. 
Hence, an environmental classifier 25 has been provid- 
ed and adapted to detect presence/absence of music 
and turn the music enhancement agent 20 accordingly 

20 on or off. 

[0043] Some nolse-reductlon agents however are not 
so specific for a well-defined acoustic subspace such as 
music or car environment. For instance, It is hard to de- 
termine a priori under what acoustic conditions a generic 

25 spectral subtraction based noise reduction agent can be 
usefully applied. According to the present embodiment 
of the invention, a method to determine the appropriate 
acoustic conditions for tuming any noise reduction 
agent on or off (or even partly active) Is disclosed. 

30 [0044] In Fig. 1 , the outputs p^ of the environmental 
classifier 25 control the impact of the gain scaling ele- 
ments of the various noise reduction agents 5, 10, 
1 5 and 20, depending on the state (recent history) of the 
acoustic input. The environmental classifier outputs 

35 may additionally control specific parameters within one 
or several of the noise reduction agents. 
[0045] The processing of signals occurs in 2 phases. 
We distinguish between a training phase and an opera- 
tive phase. 

40 [0046] The training phase is preferably carried out at 
the manufacturing stage and involves detemnining a set 
of environmental classifiers or parameters for a single 
environmental classifier which can be stored In a fitting 
system adapted to fit hearing aids In accordance with 

^5 the present embodiment of the invention, or which can 
be stored in a EEPROM location of the hearing aid be- 
fore it is shipped to a dispenser. 
[0047] The operative phase refers to nomnal use of 
the hearing aid, i.e. under circumstances where the 

50 hearing aid is in its operational state on the patient. 
[0048] In the training phase, a collection of represent- 
ative sound segments, Including speech and music un- 
der adverse conditions (with noise) is available. These 
sound segments may conveniently be stored in a digital 

55 format in a computer database symbolically illustrated 
as item 30 of Fig. 1 . We have furthemnore available a 
desirable level of signal-to-noise ratio (SNR) improve- 
ment to be achieved by the network of noise reduction 
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agents. This desired level of SNR improvement is pa- 
tient specific and can be estimated from a commercially 
available hearing in noise test such as the QuickSIN^*^ 
or other comparable speech in noise test, cf. Quick- 
SIN^fn Speech In Noise Test available from Etymotic Re- 
search. 

[0049] For the collection of sound segments, we de* 
rive desired output signals after processing by the noise 
reduction agents, e.g. by applying an off-line model of 
the signal processing operation of each of the noise re- 
duction agents 5, 10, 15 and 20 that are operational in 
the hearing aid to the sound segments or files. 
[0050] If we denote a pre-processed database sound 
segment by s+n, then the desired or target processed 
sound segment is s+7n, where s is the target (speech, 
music) signal, n represents the unwanted signal such 
as broad-band white noise, babble noise or subway 
noise, and -20 log(Y) dB is the target SNR improvement 
in decibel. 

[0051] A perceptually inspired cost function 35 then 
computes a distance between the target sound segment 
s+yn and the actually processed sound segment or sig- 
nal. As an example, the sum of differences of a log-spec- 
trum on a bark frequency scale constitutes a preferred 
and relevant cost (distance) function. Other cost func- 
tions are also possible. The goal of the training phase 
is to adapt the parameters of the environmental classi- 
fier such that the selected cost function 35 accumulated 
over all sound segments within the collection in data- 
base 30 Is minimized. 

[0052] The above-mentioned adaptation scheme is a 
well-known "machine learning" type of application. We 
choose an environmental classifier that controls the pa- 
rameters of the noise suppression agent or agents 5, 
10, 15 and 20 such that the target y(t)=s(t)+g * n(t) is 
obtained as closely as possible for the inputs x(t)=s(t) 
+n(t). The classifier 25 is therefore a parameterized 
learning machine such as a Hidden Markov Model, neu- 
ral network, fuzzy logic machine or any other machine 
with adaptive parameters and can be trained by learning 
mechanisms that are well-known in the art such as back 
propagation, see for example "P. J. Werbos. Back prop- 
agation through time: What it does and how to do it. Pro- 
ceedings of the IEEE. 78(1 0):1 550-1 560, 1 990" ; orsee 
"Jacobs R.A., Jordan M.I., Nowlan S.J., and Hinton G. 
E., Adaptive mixtures of local experts, Neural Compu- 
tation, vol. 3, pp. 79-87, 1991". 

[0053] During the training phase, separate environ- 
mental classifiers or separate parameter sets of a single 
environmental classifier are trained for an appropriate 
range of values for y. For example, the environmental 
classifiers can be trained for values of y between 1 -20 
dB in steps of 1 or 2 dB, or more preferably for values y 
between 3-10 dB in 1 dB steps. 

[0054] An important aspect of the present embodi- 
ment of the invention is that the proposed environmental 
classifier 25 does not detects a priori declared acoustic 
categories such as speech, car noise, music etc. The 



classifier 25 is trained to optimize a cost function on a 
database 30 of relevant sound segments. By training a 
plurality of environmental classifiers, or separate pa- 
rameter set of a single environmental classifier, for a 
5 range of SNR ratio improvements, it is possible, during 
the fitting session, to choose a patient-specific environ- 
mental classifier or a patient-specific parameter set for 
the environmental classifier based the patient's SNR 
loss. 

10 [0055] The proposed optimisation methodology leads 
to a categorization of the acoustic space that can be 
seen as a by-product of the training phase and not a 
priori declared by the designer. The categorisation is 
therefore implicit and does not have to conform to pre- 

'5 detenmined categories such as clean speech, noise, 
music etc. The environmental classifier 25 may during 
the operative phase directly control parameters of one 
or several of the provided noise reduction agents with- 
out an Intermediate step of the acoustic categorization. 

20 [0056] At the end of the training phase, a number of 
environmental classifiers may have been provided and 
each environmental classifier trained for a particular tar- 
get SNR improvement. Data representing these envi- 
ronmental classifiers, or their respective parameters. 

25 may be stored on a suitable storage media and loaded 
into a host computer that forms part of the fitting system . 
In order to choose a specific environmental classifier or 
classifiers for the operative phase, it is preferred to 
measure the patient's SNR loss during the fitting proce- 

30 dure. 

[0057] As an example, consider a noise reduction 
system or network (or a configuration of noise reduction 
algorithms, e.g. a beam forming noise reduction algo- 
rithm based on two or more microphone signals followed 

35 by a spectral enhancement algorithm) and associate a 
variable a with the target SNR restoration, or desired 
improvement. Thus, the variable a represents the de- 
sired, or target, amount of noise reduction that a partic- 
ular hearing impaired individual, or a particular group of 

40 hearing impaired individuals, should be provided with to 
restore their hearing ability/abilities in noise to a prede- 
termined level of performance. 

[0058] In a user interface of the fitting system, a may 
take on one of the values of the categorical set {none, 

45 mild, moderate, strong} or one of the numerical set 
{0,1 ,2 20 dB). A chosen value for a thereafter deter- 
mines the values for the algorithm parameters in the 
noise reduction algorithm. For example, when the noise 
reduction algorithm is based on spectral subtraction, the 

50 output signal of the noise reduction algorithm is given by 



[0059] Where X(f). and Y(f) denote Fourier 
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transforms of an input signal, such as a microphone sig- 
nal, an estimated noise signal and the output signal, re- 
spectively. 

[0060] The constant scalar p regulates the obtained 
amount of noise reduction. In the ideal case (N^st equals 
the true noise) the SNR Improvement on the output is 
equal to 20 log(1/(1 -P)) dB. Hence, In this case, p is set 
to 

P=1-10"«^ 

[0061 ] The goal of the fitting procedure is to determine 
o and thereby calculate or detennine corresponding pa- 
rameter values for the noise reduction algorithm or al- 
gorithms. For an ideally operating spectral subtraction 
agent, p makes it possible to derive appropriate param- 
eter values for the spectral subtraction agent. 
[0062] The target amount of noise reduction may be 
estimated (extrapolated) from the audiogram based on 
a prescriptive methodology or measured in the begin- 
ning of the fitting procedure. If a is set too low, the patient 
will not fully recover speech Intelligibility in a noisy 
acoustic environment and cannot perform comparable 
to that of a normal hearing person. If a is set too high, 
comfort of amplified and processed sound delivered by 
the hearing aid will lil<ely be compromised since noise 
reduction algorithms tend to distort the Input signal more 
for greater values of a. 

[0063] Hence, the below mentioned systematic meth- 
od for setting a, i.e., the degree of desired noise reduc- 
tion in the hearing aid, is of great value. 

1 . measure the patient specific SNR loss. 

Various methods for estimating SNR loss in a 
patient have been proposed. Issues here are pre- 
diction accuracy and measurement time. 

2. set a to a value that is derived from the patient's 
estimated SNR loss, such as to patient* s SNR loss. 

The goal is to apply a noise reduction algorithm 
that restores the patienfs SNR loss In order to pro- 
vide a listening experience as close as possible to 
a nonmal hearing person. 

3. set the noise reduction algorithm parameters to 
values that correspond with the chosen value for a 

[0064] Then, for the operative phase we use the en- 
vironmental classifier whose trained SNR improvement 
matches, according to some predetermined criteria, the 
patient's SNR loss. During the operative phase, the en- 
vironmental classifier directly or Indirectly controls the 
impact of the various noise reduction agents by control- 
ling signals P)^{t). 

[0065] For many acoustic environments it is not only 
unclear whether certain noise reduction agents should 
be turned on, off or be partly active, but also whether 



these noise reduction agents should be placed in paral- 
lel or in series (or be partially in parallel and series) to 
other noise reduction agents. In the below disclosure a 
network configuration is given in which not only the 

5 emerging categorization of the acoustic space but also 
the emerging network structure is a product of the train- 
ing phase and not a priori declared by the designer. 
[0066] In Figure 2, a specific networic configuration is 
exemplified for three noise reduction agents. Let x be 

10 the (recorded) input signal, y the output of the network, 
U| the input signal of the i- noise reduction agent, G| the 
resulting gain of the i'th noise reduction agent and N the 
number of noise reduction agents. Then the disclosed 
network Is given by 

15 

n*"! 11=1+1 

20 

AT 



[0067] The environmental classifier outputs or param- 
eters are now the a,, by and P|. The outputs P| possibly 
also control parameters within the noise reduction 
30 agents. The two phases (training and operative) 
processing of signals is completely similar as in the 
above-description disclosure. 



1 . A method of fitting a hearing prosthesis to a hearing 
Impaired Individual, the method comprising steps 
of: 

40 

providing estimated or measured loss data that 
represent the hearing impaired individual's sig- 
nal-to-noise ratio loss in a fitting system, 

45 providing a data communication link between 

the hearing prosthesis and the fitting system, 

detemriining parameter values of a noise reduc- 
tion algorithm of the hearing prosthesis based 
50 on the loss data to set a noise reduction amount 

of an Input signal of the hearing prosthesis, 



storing the parameter values within a persistent 
data space in the hearing prosthesis. 

55 

2. A method according to claim 1 , wherein the hearing 
prosthesis comprises a plurality of noise reduction 
algorithms cooperating to provide the noise reduc- 
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tion amount. 

3. A method according to claim 2, wherein the noise 
reduction algorithms comprises a noise reduction 
algorithm based on spatial filtering and a single ob- 
servation based noise reduction algorithm and re- 
spective algorithm parameter values. 

4. A method according to claim 3, wherein the noise 
reduction amount is selected so as to substantially 
restore the hearing impaired individual's hearing 
ability to that of a nomnal hearing individual in a 
standardized hearing in noise test. 

5. A fitting system for hearing prostheses adapted to 
perfomn a method according to any of claims 1-4. 

6. A hearing prosthesis for a hearing impaired individ- 
ual, comprising: 

an Input signal channel providing a digital Input 
signal, 

an environmental classifier that is adapted to 
analyse the digital input signal for predeter- 
mined signal features to indicate respective 
recognition probabilities for different listening 
environments, 

a processor that is adapted to 

process the digital input signal in accordance 
with one or several noise reduction algorithms 
and associated algorithm parameters to gener- 
ate a noise reduced digital signal. 

control a noise reduction amount of the noise 
reduced digital signal based on the recognition 
probabilities indicated by the environmental 
classifier; 

wherein the parameter set of the environmental 
classifier has been selected to be substantially 
identical to a training-phase parameter set deter- 
mined during a training phase of an environmental 
classifier of the same type; 
the training phase comprising: 

applying a collection of predetermined sound 
segments, representative of the different listen- 
ing environments, to an environmental classifi- 
er of the same type as that of the hearing pros- 
thesis and to noise reduction algorithms of the 
same type or types as that/those of the hearing 
prosthesis to produce a collection of noise-re- 
duced predetenmined sound segments; 

adapting parameter values of the training- 



phase environmental classifier in a manner that 
minimizes a perceptual cost function associat- 
ed with the collection of noise-reduced prede- 
tennined sound segments to produce the train- 
s ing-phase parameter set. 

7. A hearing prosthesis according to claim 6, wherein 
the training phase further has comprised adapting 
the parameter values of the training-phase environ- 
to mental classifier so as to obtain a target signal-to- 
noise ratio improvement to the collection of noise- 
reduced predetemrilned sound segments. 

8. A hearing prosthesis according to claim 7, wherein 
IS the training phase has comprised adapting a plural- 
ity of parameter sets of the training-phase environ- 
mental classifier to provide respective target signal- 
to-noise ratio improvements of the collection of 
noise-reduced predetermined sound segments. 

20 

9. A hearing prosthesis according to claim 8, wherein 
the persistent data space of the hearing prosthesis 
stores at least some of the parameter sets of the 
plurality of parameter sets detennined by the train- 

25 ing-phase environmental classifier and wherein an 
active parameter set has been selected in accord- 
ance with estimated or measured loss data that rep- 
resent the hearing impaired Individual's signal-to- 
noise ratio loss. 

30 

10. A hearing prosthesis according to claim 9, wherein 
the active parameter set has been selected to pro- 
vide a noise reduction amount which substantially 
compensate the individual's signal-to-noise ratio 

35 loss so as to restore the individual's hearing capa- 
bility and allow the individual to perform comparable 
to an average nomnal hearing individual in a stand- 
ardized hearing in noise test. 

40 11. A hearing prosthesis according to any of claims 
6-10, wherein the processor is adapted to control 
relative noise reduction contributions between a 
plurality of noise reduction algorithms to obtain the 
noise reduction amount. 

45 

12. A hearing prosthesis according to any of claims 6 
-11, wherein the amount of noise reduction has 
been obtained by regulating respective parameters 
values of the noise reduction algorithms and/or by 

50 regulating scaling factors of a gating network. 

13. A hearing prosthesis according to any of claims 
9-12, wherein the noise reduction amount Is pro- 
grammable and controllable from a fitting system 

55 through adjustment of, or selection of, the parame- 
ter sets of the environmental classifier. 

14. A hearing prosthesis according to any of claims 
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11-13, wherein the plurality of noise reduction algo- 
rithms comprise a cascade of a spatial filtering 
based noise reduction algorithm and a single obser- 
vation based noise reduction algorithm. 

5 

15. A method of fitting a hearing prosthesis to a hearing 
impaired individual, the method comprising the 
steps of: 

providing a data communication link between io 
the hearing prosthesis and a fitting system, 

providing estimated or measured loss data that 
represent the hearing impaired individual's sig- 
nal-to-nolse ratio loss in the fitting system, is 

providing an environmental classifier algorithm 
and a number of different parameter sets for the 
environmental classifier algorithm: the different 
parameter sets being selected to produce dif- 20 
ferent noise reduction amounts in the hearing 
prosthesis, 

selecting a parameter set for the environmental 
classifier algorithm based on the loss data, 25 

storing the selected parameter set within a per- 
sistent data space in the hearing prosthesis. 

16. A method according to claim 15, wherein at least 30 
some of the different parameter sets have been ob- 
tained by training the environmental classifier algo- 
rithm in accordance with the training phase of claim 

6. 
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